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Data transmission method, data transmission arrangement and 
base station 

BACKGROUND OF THE INVENTION: 
Field of the Invention: 

[0001] A method for implementing an adaptive channel estimator, a prefilter- 
ing arrangement for implementing the adaptive channel estimator and a base 
station, in which an input signal of the channel estimator is adapted. 

Description of the Related Art: 

[0002] In radio receivers channel estimators are used for measuring the 
state of a radio channel. Typically, state information is required for implement- 
ing coherent detection, and additionally, it can be utilized in measuring a sig- 
nal-to-noise ratio (SNR), a signal-to-interference ratio and in implementing vari- 
ous channel equalizers so as to remove phase distortion or inter-symbol 
interference (ISI). The inter-symbol interference results from linear and non- 
linear distortions caused to the signal in the radio channel. Inter-symbol inter- 
ference is produced in band-limited channels, when the pulse form in use 
spreads to adjacent pulse time slots. The problem is considerable, especially 
at high transmission rates in multimedia services or in data transmission appli- 
cations. There is a plurality of equalizers of different types, such as a decision 
feedback equalizer (DFE) or a maximum likelihood (ML) equalizer and a 
maximum likelihood sequence estimation (MLSE) equalizer based on the 
Viterbi algorithm. In practice, the channel equalizers are generally imple- 
mented by means of various filter structures. 

[0003] Variations in user movement rates and movement in general make it 
difficult to design equalizers in cellular radio systems. Movement of a radio 
transmitter causes Doppler distortion, i.e. frequency shifts and changes in a 
radio channel, for instance, because of variations in terrain. A channel estima- 
tor determines a channel impulse response by means of measurements. The 
channel estimator is also typically implemented by means of filter structures. 
[0004] If the radio transmitter moves slowly, the channel also changes 
slowly, whereby the channel coherence time is long and several successive 
channel measurements have high correlation. Thus, it is possible to use a long 
channel filter, which utilizes the interdependency of the measurements to im- 
prove the accuracy of the estimate. If the radio transmitter moves fast, the cor- 
relation of the successive measurements is lower and it decreases faster than 



in the case of slow movement. The channel coherence time is thus short. In 
general terms, it could be stated that the higher the speed of the transmitter, 
the shorter the channel estimate filter should be. This poses problems, be- 
cause the filter length must be changed as the movement rate changes. In 
prior art this is solved by using a long filter and by setting a necessary number 
of taps to zero. In view of the resource management this solution is not effi- 
cient. In addition, in many cases the great number of taps increases quantiza- 
tion noise. 

SUMMARY OF THE INVENTION 

[0005] The object of the invention is to provide a method for implementing 
adaptive filtering and apparatus implementing the method. This is achieved by 
a method for implementing an adaptive channel estimator. The method of the 
invention comprises determining from a received signal at least one variable 
representing statistical characteristics of the channel, determining a prefilter by 
means of at least one variable representing the statistical characteristics of the 
channel, adapting sample rate of the prefilter output for a channel estimator. 
[0006] The invention also relates to prefiltering arrangement for implement- 
ing an adaptive channel estimator. The prefiltering arrangement of the inven- 
tion comprises means for determining from a received signal at least one vari- 
able representing statistical characteristics of the channel, means for determin- 
ing the number of prefilter taps by means of at least one variable representing 
the statistical characteristics of the channel so as to adapt the sample rate of 
the prefilter output for a channel estimator. 

[0007] The invention also relates to a base station, in which an input signal 
of the channel estimator is adapted. The base station of the invention com- 
prises means for determining from a received signal at least one variable rep- 
resenting the statistical characteristics of the channel, means for determining 
the number of prefilter taps by means of the at least one variable representing 
the statistical characteristics of the channel so as to adapt the sample rate of 
the prefilter for a channel estimator. 

[0008] The preferred embodiments are disclosed in the dependent claims. 
[0009] The invention is based on the idea that a received signal is applied to 
a prefilter, in which the sample rate is adapted for the channel estimator. The 
aim of sample rate adaptation is to keep the length of the channel estimator 
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constant, or at least to reduce the variation range of the length, despite the 
changing conditions. 

[0010] Several advantages are achieved with the method and system of the 
invention: resources will be saved and the number of channel estimator taps 
will be minimized, if so desired, and in the most advantageous case it can be 
kept constant, whereby the channel estimator design will be simplified. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0011] In the following, the invention will be described in greater detail in 
connection with preferred embodiments, with reference to the attached draw- 
ings, wherein 

[0012] Figure 1 shows an example of a telecommunications system; 
[0013] Figure 2 shows a second example of a telecommunications system; 
[0014] Figure 3 is a flow chart; 

[0015] Figure 4 shows an example of a prefiltering arrangement; and 
[0016] Figure 5 shows an example of a base station receiver. 

DESCRIPTION OF THE PREFERRED EMBODIMENTS 

[0017] Since the radio systems of the second and the third generations and 
their various hybrids, i.e. radio systems of the 2.5 generation, are in use 
worldwide and under constant development, in Figure 1 the embodiments are 
described in a simplified radio system, which comprises network elements from 
different generations in parallel. In the description, the radio system of the sec- 
ond generation is represented by the GSM (Global System for Mobile Commu- 
nications), the third generation radio system by a radio system which is based 
on the GSM, uses the EDGE technique (Enhanced Data Rates for Global Evo- 
lution) for increasing the data transmission rate, and can also be used for im- 
plementing packet transmission in the GPRS system (General Packet Radio 
System). Sometimes the EDGE system is seen as a 2.5 generation system. 
The third generation radio system is also represented by a radio system which 
is known at least by the names IMT-2000 (International Mobile Telecommuni- 
cations 2000) and UMTS (Universal Mobile Telecommunications System). The 
embodiments are not, however, restricted to these systems given as examples 
but a person skilled in the art may apply the solution in other radio systems 
provided with the necessary properties. 

[0018] Figure 1 is a simplified block diagram, which describes the most im- 
portant network elements of the radio system and the interfaces between 
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them. The structure and function of the network elements are not described in 
detail because they are commonly known. 

[0019] The main parts of the radio system are a core network (CN) 100, a 
radio access network 130 and user equipment (UE) 170. The term UTRAN is 
an abbreviation from UMTS Terrestrial Radio Access Network, i.e. the radio 
access network belongs to the third generation and is implemented by wide- 
band code division multiple access WCDMA. Figure 1 further illustrates a base 
station system 160, which belongs to the 2/2.5 generation and is implemented 
by time division multiple access TDMA. 

[0020] Generally, the radio system can also be defined as follows: the radio 
system consists of a user terminal, which is also called a subscriber terminal or 
a mobile station, and of a network part, which includes the fixed infrastructure 
of the radio system, i.e. a core network, a radio access network and a base 
station system. 

[0021] The structure of the core network 100 corresponds to a combined 
structure of the GSM and GPRS systems. The network elements of the GSM 
are responsible for implementing circuit-switched connections and the network 
elements of the GPRS are responsible for implementing packet-switched con- 
nections. However, some of the network elements are included in both sys- 
tems. 

[0022] A mobile services switching centre (MSC) 102 is the centre of the cir- 
cuit-switched side of the core network 100. The same mobile services switch- 
ing centre 102 can be used to serve the connections of both the radio access 
network 130 and the base station system 160. The tasks of the mobile services 
switching centre 102 typically include switching, paging, user terminal location 
registration, handover management, collection of subscriber billing information, 
data encryption parameter management, frequency allocation management 
and echo cancellation. 

[0023] The number of mobile services switching centres 102 may vary: a 
small network operator may have only one mobile services switching centre 
102, whereas large core networks 100 may have several ones. Figure 1 shows 
another mobile services switching centre 106 but its connections to other net- 
work elements are not illustrated to keep Figure 1 sufficiently clear. Large core 
networks 100 may comprise a separate gateway mobile services switching 
centre (GMSC) 110, which is responsible for circuit-switched connections be- 
tween the core network 100 and the external networks 180. The gateway mo- 



bile services switching centre 110 is located between the mobile services 
switching centres 102, 106 and the external networks 180. The external net- 
work 180 may be, for example, a public land mobile network PLMN or a public 
switched telephone network PSTN. 

[0024] The core network 100 typically comprises other parts, too, such as a 
home location register HLR, which includes a permanent subscriber register 
and, if the radio system supports the GPRS, a PDP address (PDP = Packet 
Data Protocol), and a visitor location register VLR, which includes information 
on roaming of the user terminals 170 in the area of the mobile services switch- 
ing centre 102. Not all parts of the core network are shown in Figure 1 to keep 
it clear. 

[0025] A serving GPRS support node (SGSN) 118 is the centre of the 
packet-switched side of the core network 100. The main task of the serving 
GPRS support node 1 1 8 is to transmit and receive packets with the user ter- 
minal 170 supporting packet-switched transmission, utilizing the radio access 
network 130 or the base station system 160. The serving GPRS support node 
118 includes subscriber information and location information on the user termi- 
nal 170. 

[0026] A gateway GPRS support node (GGSN) 120 on the packet-switched 
side corresponds to the gateway mobile services switching centre 110 on the 
circuit-switched side, with the exception that the gateway GPRS support node 
120 has to be able to route outgoing traffic from the core network 100 to exter- 
nal networks 182, whereas the gateway mobile services switching centre 110 
routes only the incoming traffic. In the example, the external networks 182 are 
represented by the Internet, via which a considerable part of wireless tele- 
phone traffic can be transmitted in the future. 

[0027] The base station system 160 consists of a base station controller 
(BSC) 166 and base transceiver stations (BTS) 162, 164. The base station 
controller 166 controls the base transceiver stations 162, 164. In principle, the 
devices implementing the radio path and their functions should be located in 
the base transceiver station 162, 164 and the management devices in the base 
station controller 166. The implementation may naturally deviate from this prin- 
ciple. 

[0028] he base station controller 166 is usually responsible for the following 
tasks, for example: management of the radio resources of the base transceiver 
station 162, 164, intercell handover, frequency management, i.e. allocation of 



frequencies to the base transceiver stations 162, 164, management of fre- 
quency hopping sequences, measurement of time delays on the uplink, im- 
plementation of the operation and management interface, and management of 
power control. 

[0029] The base station 162, 164 includes at least one transceiver which 
forms one carrier wave. In the GSM systems, one carrier wave usually com- 
prises eight time slots, i.e. eight physical channels. One base station 162, 164 
may serve one cell or several sectorized cells. The cell diameter may vary from 
a few metres to dozens of kilometres. The base station 162, 164 is often 
deemed to include a transcoder, too, for performing conversion between the 
speech coding format used in the radio system and the speech coding format 
used in the public switched telephone system. In practice the transcoder, how- 
ever, is usually physically located in the mobile services switching centre 102. 
The base station 162, 164 is usually responsible for the following tasks, for 
example: calculation of a TA (timing advance), measurements on the uplink, 
channel coding, encryption, decryption and frequency hopping. 
[0030] The radio access network 130 consists of radio network subsystems 
140, 150. Each radio network subsystem 140, 150 consists of radio network 
controllers (RNC) 146, 156 and B nodes 142, 144, 152, 154. The B node is 
rather an abstract concept, which is frequently replaced by the term 'base sta- 
tion'. Functionality the radio network controller 140, 150 roughly corresponds to 
the base station controller 166 of the GSM system and the B node 142, 144, 
152, 154 to the base station 162, 164 of the GSM system. Solutions are also 
available where the same device serves both as the base station and as the B 
node, i.e. the device can simultaneously implement the TDMA and the 
WCDMA radio interface. 

[0031] The user terminal 170 consists of two parts: mobile equipment (ME) 
172 and a UMTS subscriber identity module (USIM) 174. In the GSM system 
the identity module of the system is naturally used. The user terminal 170 
comprises at least one transceiver for establishing a radio connection to the 
radio access network 130 or to the base station system 160. The user terminal 
170 may include at least two different subscriber identity modules. In addition, 
the user terminal 170 comprises an antenna, a user interface and a battery. 
Nowadays various kinds of user terminals 170 are available, e.g. vehicle- 
mounted and portable terminals. The user terminals 170 also have properties 
similar to those of a personal computer or a portable computer. 
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[0032] The USIM 174 includes information on the user and information on 
data security, e.g. an encryption algorithm, in particular. In the following, the 
interfaces between different network elements shown in Figure 1 are pre- 
sented in Table 1. It is obvious to a person skilled in the art that the interfaces 
included in the radio telecommunications system are determined by the hard- 
ware implementation and the standard used, for which reason the interfaces of 
the system may differ from those shown in Figure 1. In the UMTS, the most 
important interfaces are the lu interface between the core network and the ra- 
dio access network, which is divided into the luCS (CS = Circuit Switched) in- 
terface of the circuit-switched side and the luPS (PS = Packet Switched) inter- 
face of the packet-switched side, and the Uu interface between the radio ac- 
cess network and the user terminal. In the GSM, the most important interfaces 
are the A interface between the base station controller and the mobile services 
switching centre, the Gb interface between the base station controller and the 
serving GPRS support node, and the Urn interface between the base station 
and the user terminal. The interface defines what kind of messages different 
network elements may use to communicate with one another. The object of the 
standardisation of interfaces is to enable function between network elements of 
different manufacturers. In practice, however, some of the interfaces are 
manufacturer-specific. 
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[0033] In the following, a cellular WCDMA radio telecommunications system 
will be described by means of Figure 2. Figure 2 shows part of a simplified ra- 
dio system, which comprises a subscriber terminal 170, two base stations 142, 
144 and a base station controller 146. The first base station 142 comprises a 
transceiver 202, an antenna 204 and a control block 200. Likewise, the second 
base station 144 comprises a transceiver 212, an antenna 214 and a control 
block 210. The base station controller 146 also comprises a control block 226. 
The user terminal 170 also comprises a normal transceiver 222 and an an- 
tenna for implementing a radio connection and a control block 220. 
[0034] The transceivers 202, 212, 222 use the CDMA technology (Code Di- 
vision Multiple Access). In the CDMA technology, i.e. in code division multiple 
use, radio resources are allocated to each user by means of user-specific 
codes. The technique is generally known, for which reason it will not be de- 
scribed in greater detail here. The antennas 204, 214, 224 can be imple- 
mented by common prior art solutions, e.g. as omnidirectional antennas or as 
antennas employing a directed antenna beam. In the radio telecommunications 
system, the radio cells created by base stations usually overlap to some extent 
to provide extensive coverage. This is illustrated in Figure 2 by a radio cell 206 
created by the base station 142 and a radio cell 216 created by the base sta- 
tion 144. In the existing radio telecommunications systems, wireless telecom- 
munications connections are established by user terminals and base stations 
which communicate with one another on a radio connection, i.e. calls or data 
transmission connections between different user terminals are established via 
base stations. This is illustrated in Figure 2 by radio connections 208, 218. 
[0035] In particular, Figure 2 shows a situation where a user terminal 170, 
which may be mobile, communicates over a radio connection with the first 
base station 142, simultaneously measuring common pilots of this base station 
142 and the second base station 144 for a possible handover. In a typical 
situation the radio connection of the user terminal shifts to the carrier wave of 
the second base station when there is free capacity in the new cell and the 
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new connection has a better quality. Channel and cell handovers enable conti- 
nuity of the radio connection when the user terminal moves or the physical ra- 
dio channel changes as a function of time. 

[0036] The control blocks 200, 210, 220, 226 refer to a block which controls 
the operation of the device and which is nowadays usually implemented as a 
processor and its software, but various hardware solutions are also feasible, 
e.g. a circuit built from separate logic components or one or more application 
specific integrated circuits ASIC. A hybrid of these different implementations is 
also feasible. When selecting the implementation method, a person skilled in 
the art will consider the requirements set on the size and power consumption 
of the device, the necessary processing capacity, the production costs and the 
production volumes. 

[0037] Further information on radio telecommunications systems is available 
in the literature and standards of the field. 

[0038] Next, the method for implementing an adaptive channel estimator will 
be described by means of Figure 3. The purpose of the method is to adapt the 
sample rate of a signal entering the channel estimator of the radio receiver 
such that the length of the channel estimator can be minimized and advanta- 
geously kept constant, even though the speed of the transmitter would change 
with respect to the receiver. The performance of the method starts in block 
300. 

[0039] In block 302, at least one variable representing the statistical charac- 
teristics of the channel is determined from the received signal. These variables 
include, for instance, Doppler spread, form of Doppler power spectrum, width 
of Doppler power spectrum, speed of the radio transmitter, channel coherence 
time, correlation between channel measurements or signal-to-noise ratio. The 
variables are typically determined from the received signal using measurement 
results. The Doppler spread depends on the transmitter speed in relation to the 
receiver speed, and consequently in a typical cellular radio system it changes 
as a function of time. For determining the Doppler spread, the form of the Dop- 
pler power spectrum, the width of the Doppler power spectrum, the speed of 
the radio transmitter, the channel coherence time, the correlation between 
channel measurements or the signal-to-noise ratio it is possible to use any 
prior art method. 

[0040] In block 304, a prefilter is determined by means of at least one vari- 
able representing the statistical characteristics of the channel. Prefilter taps are 
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selected such that the largest possible amount of the information provided by 
the available channel measurements can be utilized in the channel estimate 
filter, and at the same time, the length of the channel estimate filter will not be- 
come excessively long. This is achieved such that the prefilter compresses the 
channel measurement information to a lower sample rate while minimizing the 
loss caused. The prefilter employed can be a simple averaging filter, the length 
of which is altered. It should be noted, however, that a long filter requires a 
long channel coherence time, and in quickly changing conditions, the reliability 
of the information suffers from a long filter. Hence, the length of the filter is al- 
ways a compromise: the filter is selected to be shorter, whereby some of the 
available channel information will be lost in order for the channel not to have 
altered excessively, i.e. the reliability of the samples has not decreased exces- 
sively, between the measurement results used in the prefiltering. 
[0041] In block 306, the sample rate of the prefilter output is adapted for the 
channel estimator. At the output of the prefilter there is thus provided a signal 
having a known Doppler spread and coherence time, to which the length of the 
channel estimator is adapted. The sample rate depends advantageously on 
the sample rate of the prefilter input signal and on the Doppler spread, the form 
of the Doppler power spectrum, the width of the Doppler power spectrum, the 
speed of the radio transmitter, the channel coherence time, the correlation be- 
tween the channel measurements and/or the signal-to-noise ratio determined 
from the received signal. The Doppler spread can be measured either at the 
prefilter output or input. If the Doppler spread is measured at the prefilter input, 
the characteristics of the prefilter and the output sample rate are determined 
on the basis of the measured Doppler spread. The Doppler spread measured 
at the prefilter output can be used for controlling the characteristics of the pre- 
filtering by means of feedback such that the output Doppler spread or the cor- 
relation between the channel measurements is kept as constant as possible. 
The signal-to-noise ratio affects the sample rate selection such that if the sig- 
nal-to-nose ratio is poor, the samples are averaged for reducing the effect of 
noise, and if the signal-to-noise ratio is good, the samples can be considered 
sufficiently reliable, and averaging is needed less or not at all. 
[0042] The sample rate can be altered higher or lower. The sample rate can 
be altered, for instance, by converting a digital signal into an analogue one and 
by sampling the signal at a new sample rate in a new A/D conversion. The 
sample rate can also be changed digitally: increasing can be implemented e.g. 



11 

by a prior art interpolation method and decreasing, correspondingly, by a prior 
art decimation method. In practice, the digital conversion is more common, 
because the extra D/A and A/D conversions cause distortions in the signal, 
due to quantizing, for instance. 

[0043] The alteration of sample rate is typically implemented digitally by 
means of a linear filter. The filter can be a moving average filter, a weighted 
averaging filter or the like. 

[0044] Next, decimation and interpolation will be described briefly. The deci- 
mation and the interpolation are described in greater detail in the literature of 
the field. 

[0045] Let us assume that the sample rate is decreased with an integer fac- 
tor M. Thus the output sequence of the decimator comprises only every M th 
sample, i.e. 

P 

F'= — , (1) 
M 

where 

F = a new sample rate 

F = the original sample rate, i.e. symbol rate of a pilot signal, for in- 
stance, and 

M = an integer factor. 

[0046] Because the original sample rate is adapted to the bandwidth of the 
received signal, a decrease in the sample rate causes aliasing. In order to pre- 
vent aliasing, the bandwidth must be restricted. The bandwidth can be re- 
stricted prior to decreasing the sample rate, or thereafter, with a low-pass filter. 
In this case the prefilter advantageously comprises both an anti-aliasing filter 
and an actual decimator filter. 

[0047] The bandwidth of the decimator filter changes in relation to the integer 
factor M. If the original bandwidth is n, the bandwidth after the low-pass filter is 
n I M, which is thus the bandwidth of the decimator filter. 
[0048] Let us assume that the sample rate is increased with an integer factor 
L. Thus L - 1 new zero samples are added to the interpolator output sequence 
in suitable positions between the existing samples, i.e. 

F % - LF , (2) 

where 

F = a new sample rate 
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F = the original sample rate, i.e. symbol rate of a pilot signal, for in- 
stance, and 

L = an integer factor. 

[0049] Sample values are obtained by means of the existing samples by cal- 
culating with a prior art method. The samples are given values that produce a 
desired impulse response. 

[0050] The bandwidth of the prefilter changes in relation to the integer factor 
L. If the original bandwidth is n, the bandwidth of the prefilter is n I L. 
[0051] The sample rate can also be changed by means of a rational factor 
L/M. In that case, first is performed interpolation by means of the factor L and 
thereafter decimation by means of the factor M. The interpolation is performed 
prior to the decimation, so that the signal spectrum would not change, i.e. 

(3) 

M 

where 

F = a new sample rate 

F = the original sample rate, i.e. symbol rate of a pilot signal, for in- 
stance 

M = an integer factor 
L = an integer factor. 

[0052] In this case the prefilter advantageously comprises an interpolation 
filter, a low-pass filter and a decimation filter in cascade. 
[0053] The method ends in block 308. The arrow 310 denotes the repeatabil- 
ity of the method, for instance, at given intervals. The method can also be re- 
peated in other manners. In practice, the method can be applied, for instance, 
such that when the speed of the radio transmitter changes slowly, the adjust- 
ment is not performed, or such that the sample rate is changed in different 
ways for different signals. 

[0054] Figure 4 shows an example of a digital prefiltering arrangement for 
implementing an adaptive channel estimator. A received, sampled signal is 
applied to a prefilter 400, which comprises an interpolator or a decimator. The 
filters can be implemented as FIR (Finite Impulse Response) filters, MR (Infinite 
Impulse Response) filters or as a combination thereof. 
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[0055] The FIR filters have the following characteristics: they are stable, their 
quantizing characteristics are good and linear phase characteristics are readily 
achievable. The MR filters, in turn, are suitable for applications, in which a 
clear-cut difference between a stop band and a pass band or a long impulse 
response is required. The selection of the filter type thus depends on the appli- 
cation, i.e. on the characteristics required of the filter. Filter design methods 
are commonly known in the field, and therefore they are not described in 
greater detail herein. 

[0056] In the case of the decimator, the prefilter also advantageously com- 
prises an anti-aliasing filter, which can be implemented as a filter separate 
from the prefilter or as a filter degree connected thereto. 
[0057] Let us assume that in the decimation the sampling frequency is re- 
duced with an integer factor M. Thus, the decimator output sequence com- 
prises only every M th sample. Because the original sampling frequency is 
adapted to the bandwidth of the received signal, reducing the sampling fre- 
quency causes aliasing. To prevent aliasing it is necessary to restrict the 
bandwidth. The bandwidth can be restricted prior to reducing the sampling fre- 
quency or thereafter with a low-pass filter. In this case the prefilter advanta- 
geously comprises both an anti-aliasing filter and an actual decimator filter. 
[0058] The bandwidth of the decimator filter changes in relation to the integer 
factor M. If the original bandwidth is n, the bandwidth after the low-pass filter is 
7i / /W, which is thus the bandwidth of the decimator filter. 
[0059] Let us assume that in interpolation the sample rate is increased with 
an integer factor L. The bandwidth of the prefilter changes in relation to the 
integer factor L. If the original bandwidth is n, the bandwidth of the prefilter is n 
I L 

[0060] L - 1 new zero samples are added to the interpolator output se- 
quence in suitable positions between the existing samples. Sample values are 
obtained by means of the existing samples by calculating with a prior art 
method. The samples are given values that produce a desired impulse re- 
sponse. 

[0061] The sample rate can also be changed by means of a rational factor 
L/M. In that case, first is performed interpolation by means of the factor L and 
thereafter decimation by means of the factor M. The interpolation is performed 
prior to the decimation, so that the signal spectrum would not change. In this v 
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case the prefilter advantageously comprises an interpolation filter, a low-pass 
filter arid a decimation filter in cascade. 

[0062] The integer factor L of the interpolator and the integer factor M of the 
decimator, which describe the change in the sample rate, are obtained by 
means of a determination block 402. In the determination block at least one 
variable representing the statistical characteristics of the channel is determined 
from received signal, such as Doppler spread, form of Doppler power spec- 
trum, width of Doppler power spectrum, speed of the radio transmitter, channel 
coherence time, correlation between channel measurements and/or signal-to- 
noise ratio. The Doppler spread can be measured either at the prefilter output 
or input. If the Doppler spread is measured at the prefilter input, the prefilter 
characteristics and the output sample rate are determined on the basis of the 
measured Doppler spread. The Doppler spread measured at the prefilter out- 
put or the correlation between the channel measurements can be used for ad- 
justing the characteristics of the prefiltering by means of feedback 406 such 
that the output Doppler spread or the correlation between the channel meas- 
urements is kept as constant as possible. The signal-to-noise ratio affects the 
selection of the sample rate such that if the signal-to-noise ratio is poor, sam- 
ples are averaged so as to reduce the effect of the noise, and if the signal-to- 
noise ratio is good, samples can be considered sufficiently reliable, whereby 
averaging is needed less or not at all. 

[0063] From the prefilter the signal is applied to a channel estimator 404. In 
radio receivers channel estimators are used for measuring the state of the ra- 
dio channel. Typically, state information is required for implementing coherent 
detection, in addition to which it can be utilized in measuring signal-to-noise 
ratio (SNR), signal-to-interference ratio and in implementing various channel 
equalizers for removing phase distortion or inter-symbol interference \S\. The 
channel estimator is typically implemented by means of filter structures. 
[0064] In the following the invention is described with reference to Figure 5, 
which shows a block diagram of a simplified example of a base station receiver 
in a broadband telecommunication system in accordance with an embodiment. 
It is apparent to a person skilled in the art that the receiver may also include 
other parts than those described above in association with Figure 5. The re- 
ceiver, to which the invention can be applied, may also be a receiver of a nar- 
row-band system. 
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[0065] The receiver comprises an antenna 204. The antenna can be a single 
antenna or an antenna array. The receiver also comprises RF parts 500, in 
which the received signal is filtered, down-mixed either through an intermedi- 
ate frequency or directly to the baseband, and amplified. In block 502 the sig- 
nal is converted from analogue to digital by sampling and quantizing, in block 
the direct spread broadband signal is despread using multiplication by a code- 
generator-generated code sequence, in block 506 the carrier wave effect is 
removed from the signal by demodulation and in block 508 the necessary sig- 
nal processing is performed, such as deinterleaving, decoding, and decrypting. 
Also prefiltering and determination of variables representing the statistical 
characteristics of the channel, such as the Doppler spread, the form of the 
Doppler power spectrum, the width of the Doppler power spectrum, the speed 
of the radio transmitter, the channel coherence time, the correlation between 
the channel measurements and/or the signal-to-noise ratio and the operations 
of the channel estimator can be performed in the signal processing block. In 
practice, the signal processing block is typically implemented by means of a 
processor or a computer program to be executed therein. There may be one or 
more signal processing blocks. 

[0066] In one preferred embodiment the receiver, such as a RAKE-type 
multi-branch receiver, comprises a delay estimator, by which delays of multi- 
path propagated components are estimated. The delays of different RAKE- 
branches are set to correspond to the delays of signal components delayed in 
different ways. 

[0067] Advantageously, the invention is implemented by software, whereby 
the functions of the described method are implemented as base station soft- 
ware. The invention can also be implemented by hardware solutions providing 
the required functionality, for instance, as an ASIC (Application Specific Inte- 
grated Circuit), or by utilizing separate logic components. 
[0068] Even though the invention is described in the above with reference to 
the example of the attached drawings, it is apparent that the invention is not 
restricted thereto, but it can be modified in a variety of ways within the scope of 
the inventive idea disclosed in the accompanying claims. 



